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Abstract — These paper summarizes the research carried 
out as part of the design of an Android application to 
transcript phone calls. The system will automatically 
collect out any mobile calls and transcript it with voice 
recognition into text, which will therefor be reordered in 
the memory of each mobile phone of the callers. The 
system allows someone to make calls and send text 
messages generated to both. In order to archive this, we 
first of all analyze voice recognition models available on 
different platform (iOS and Android, BlackBerry, 
Nokia), then we design using Android features to build 
new patterns necessaries to setup owner solution.   
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I. INTRODUCTION  
A- Context and motivations 

 
1- Penetration of mobile telephony 

 
The speech recognition systems have made significant 
progress in recent years. These advances have been made 
through research on acoustic and language models but also 
through the continued growth of processing power. This 
increase in power has not only get the maximum benefit 
from the algorithms used, but also can perform the speech 
recognition software on current PC configurations, which 
opened a wide market and, therefore, led to the 
development research.  
Today, functional systems are based on a statistical 
approach. Market leaders typically offer software for 
recognition of continuous speech with the possibility of 
controls for common functions of word processing 
applications [1]. They advertise vocabulary sizes ranging 
from 30 000 to 60 000 words for language, allowing the 
driven gear to the 120 to 160 words per minute (which 
corresponds to a relatively high speed of words) with a 
higher success of recognition 95%. We will see later, 
during testing, it is in reality. 

 

2- Millenium Development goals 
 

The natural language processing is a vast field of research 
which combines specialists from many disciplines: 
linguists, computer scientists, logicians, psychologists, 
translators ... So it is an area economically holder whose 
numerous applications in areas as diverse as office, 
assisting the disabled, education, home automation, 
translation, navigation aid, documentation, not to mention 
computing. The use of speech recognition thus has a very 
wide range of application that requires mostly still 
research. 

 
B- Circumstances  

 
1- The situation 

 
Basically, the voice recognition software used primarily to 
enter text in large quantities while passing the keyboard, 
providing an average rate of 50 words per minute for 
manual transcription, against more than 150, for speech. 
That said, it was a desktop-oriented and / or machinery 
that made necessary the use of the keyboard for text 
corrections on a computer solution.  
The voice recognition applications are now declined on 
different platform (iOS and Android, BlackBerry, Nokia, 
etc.), And respond to different practical needs related to 
mobile use, especially in working life such as using hands-
configuration-free for standard voice commands (search 
the directory, calls), translation, web searches.  
It is in the context of our study to build on what has 
already been done to propose a new transcription service 
based mainly on the processing of telephone calls, all in an 
independent and autonomous unit. Indeed, like sms or 
photos, phone conversations leave little trace. Therefore, it 
may be useful to keep written records and / or voice phone 
calls, depending on the circumstances [2]. And some may 
be used as a proof of harassment, others to keep memories 
of birthday greetings, or perform transcription live 
telephone interviews for journalists to mention only those 
examples.  

 James K. Tamgno, Loïc Akoha, Kibanou Eric Tidye 
DTE-LTI, ESMT-UCAD, Dakar Senegal 

james.tamgno@esmt.sn, akoick2001@hotmail.com, kibanou.tidiye@hotmail.fr 

699ISBN 978-89-968650-4-9 July 1-3, 2015  ICACT2015



This application that we will develop will therefore 
propose a new solution to the problems of any kind 
encountered by different users, allowing them to adapt to 
their various needs [3]. 
 
2- Needs and expectations 

 
Mobile applications have become over the years the 
elements of everyday life. Indeed, they offer the general 
public the continuity of services and tasks performed, 
based obviously on the mobility offered by smartphones, 
tablets and others. Therefore, the aim here is to provide a 
portable and ergonomic solution to allow different users to 
take advantage of speech recognition (Fig 1.).  
To do this, our work will first explain in a clear and 
entertaining way the principles governing the operation of 
the speech recognition, and then to implement it in an 
Android application in order to achieve voice transcription 
service telephone conversations used to various purposes. 
In addition, this project should enable us to confront the 
workplace with different constraints. 
 

 
Fig 1. Application structure [4] 

 

II.  ANALYTICAL APPROACH 
 
What is Speech Recognition? 
Automatic speech recognition is an area of science that has 
always had great appeal among researchers as to the 
general public. Indeed, who has never dreamed of being 
able to talk with a machine or at least control a device or 
computer by voice? No longer have to get up to turn on or 
off a particular electrical appliance, no longer have to type 
for hours on a keyboard to write a report (for example). 
Man is constantly in search of improving quality of life, 
such technology has always been in him a hand envy and 
interest that few other technologies have been able to do 
[5].  
The natural language processing is a vast area of research 
where alongside specialists from many disciplines: 
linguists, computer scientists, logicians, psychologists, 
translators... It is also an economically area holder whose 

numerous applications in areas as diverse as office, 
assistance for the disabled, education, home automation, 
translation, assistance navigation, documentation, not to 
mention computing. The use of recognition speech thus 
has a very wide range of application that requires most 
further research. The evolution of technology has enabled 
the emergence of software-and large public solutions [6]. 

 
How does speech recognition work? 
The mode of speech recognition is relatively easy to learn; 
it generally involves an essential initial learning phase 
where the user adapts the software to his voice dictating a 
number of reports aloud. These recorded and digitized 
(then rendered in text format) sentences are given to 
program Automatic Speech Recognition (ASR). 

Fig 2 - Recognition Principles 

 
Thereafter, the user reads and corrects the printed words 
for the changes to take effect (Fig 2.).  
 
What constraints? 
The speech recognition systems must take into account 
several parameters, namely: 
The type of signal: noisy signal or noiseless signal (eg 
headset microphone with noise reduction), telephone 
signal (fixed or mobile) or broadband compressed signal 
or not ...  
The type of acoustic model: model mono speaker (eg 
dictation), multi speaker model (speaker independent 
English)  
The nature of records: text dictation, voice commands, 
man-machine dialogue, phone message, etc. ...  
Language: Complexity and nuances of the language [7]. 
 
 

III.  IMPLEMENTATION RESULT 

 
A- General Operations 
 
Despite numerous reports describing the operation of the 
speech recognition as a whole, very few actually explain 
its association with Android. Indeed, the literature on 
OpenSource solutions such as Sphinx explaining the use of 
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speech recognition in applications remains difficult to 
access. Nevertheless, the research we have done has 
enabled us to understand the different mechanisms of 
benefit surrounding this technology and to deduce the best 
suited to our needs architecture. Then, we opted for a 
board and totally independent solution not only for reasons 
of compliance with the constraints of the subject of study, 
but also an opening to a wider audience including all those 
interested but do not necessarily have to an internet 
connection quality. 
Based on the above structure, our application works in two 
modes namely: 
 
1- Background 
 
When an incoming or outgoing call, the application is 
automatically triggered. Registrations, as well as the 
transcript of the call are made automatically 

 
Fig 3. Recognition System 

To carry out this project, we used development tools 
Eclipe for the code, and Bitbucket for real-time 
synchronization of our application. So we opted for 
the recognition engine Sphinx which was the heart 
of our production. Therefore, at the end of the call, 
the traces of this activity are recorded in a log file so 
to be returned later on user request (Fig 3.). 

 
2- Users Interactions 
 
We decided to make an application more ergonomic as 
possible. To do this, we left the possibility for each user 
to enable or disable each of the features of our 
application.  
Thus, after activating the translation of the text report 
obtained and selected the target language of the 
translation, a connection is made with Microsoft Translate 
servers to ensure spots translation and present them to the 
user (Fig 5.). 

	
  Fig 4. Log File 

 

 
Fig 5. Microsoft Translator Service 

 
As showing in the figure Fig 5, the report reflects 
obtained may therefore be subject to an option to share 
via email, SMS, or otherwise. Also the user can listen to 
the recordings will [8].  
 
 
B- Interaction and communication structure 
 
1- Technology Infrastructures 
 
Thus, in the context of our application, several modules 
interact to provide all the services that we offer. Thus, we 
can note inside our application tool call transcription, 
voice recorder GSM telephone and a text translator 
(several languages). These modules are interconnected, 
and are mostly activated upon detection of an incoming or 
outgoing call [9]. And conversations are recorded, 
transcribed and stored in the phone memory. Interface 
summarizing all registrations allow access to transcripts 
and translation when the latter option is chosen.  
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Too late to carry out this project and in order to have 
a wide range of acoustic models, we must, among 
other things have a recording studio and tools for 
processing voice (Fig 6.). 

 
Fig 6. Implementation of the application	
  

2- Privacy and Security issue 
 
To reduce the risk of interdiction between mobile 
application and server, we opted for a fully embedded and 
standalone solution. Consequently, only requests to 
translate the written language into a target report will be 
sent to a remote server, the Microsoft. This secure 
connection requires prior authentication ensures that trade 
with Microsoft servers [12].  
In addition we integrate the perspective of an electronic 
signature report to prevent it being tampered with. As we 
envision a security module of the application password. 
The user can enter a pin code to be authenticated each 
time you open the application. 
 
 

IV.  ASSESSMENT AND PROSPECTS 
 
The use of speech recognition has a very wide range of 
application that requires mostly still research [13]. The 
evolution of technology has led to the emergence of fully 
software solutions and large audiences. However, the 
implantation of an automatic speech system in real 
conditions pose many problems such as noise, the state of 
the speaker, the recording quality, the difficulty of 
vocabulary, mode of speech, the system integration in a 
device. And develop an application for transcribing 
telephone allowed us to really discover the below 
technologies speech processing.  
 
Furthermore, the maintenance phase of the application 
will allow us to incorporate corrections into account the 
opinions and criticisms to improve the application in its 
general operation. Correcting any bugs, expanding the 
field of languages and adding additional services, we 

propose and services increasingly tailored to the needs of 
users. Also it would be good to consider adding an 
authentication when opening the application (security 
aspects) and a module to have a voicemail to which the 
caller can leave a message. This voice message left can 
then be transcribed and presented to the user, once it 
available in the form of missed notification. 
 
 

V.  CONCLUSION 
 
Speech recognition is a computer technique for analyzing 
speech samples from a source audio and transcribe text as 
readable by a machine. Allow a user to apply orally to a 
machine for various tasks it aims to: transcription, control, 
translation, and is mainly based on several scientific 
fields, namely the theory of information, signal 
processing, automatic language processing, linguistics, 
artificial intelligence and many others. Therefore, the 
implementation of an automatic speech in real conditions 
implies many problems such as noise, the state of the 
speaker, the recording quality, the difficulty of 
vocabulary, and mode of speech the integration of the 
system equipment.  
However, with the electronics development of and the 
computing great boom these recent years, several projects 
have emerged, aiming to achieve a system that can 
transcribe in real time with the minimum of error human 
speech. These projects will lead the various software 
solutions that we find on the market today. 
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